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FIG. 44

RG_PDD_offnet.cap - Wireshark [CIEIX]
File Edit View Go Capture Analyze Statistics Help
nE@EoeoxOEr- ~[dT[{ERaa 0 R E GO
File: | [v| Expression.. Clear  Apply

NO. | DESTINATION PROT'OCOL

BTG 2150'180161 DNS sery response, No_such name

D1 ALTTTR02 0946 12 b0 80 6T RTR

7 OSSR HETREAT, Seqe 0950, ereapits:
57 [ST707681 1019464 | 12160180161 RTP _PIU G, T A
U946 4L 38061 SIP/STR St 8D Sessl

ST 05 Tn1)

54 15751780 10,196, .160180.161] RTP | PRI G, 71 PML, SSC=O 4CASER, eg-S085 Time=51%
55 \57.837697 10.1946.4 | 12.160.180.161) RTP Pz 6, 71 POKL SSRC=DxtACASELT, Seqe0953 Time=6151
56 57857655 10.1946.4 | 12.160.180.161 RTP | = G, 71 P, SSRC=DclACASEAT, Seqe0854 Tme=5157
57 |97.877674 110.194.6.4 | 12.160.180.161) RTP | pI=[fU ¢, 7¢ POMU, SSRC=0x14CASEA, Seq=0935 Time=6183
98 197.89769410.194.6.4 | 12.160.180.161) RTP | praIil ¢, 71 POMU, SSRC=0x14CASEAY, Seq=60956 Time=61%9

1
59 157.917709110.194.6.4 | 12.160.180.161| RTP | pr=I1y ¢, 7¢ POML, SSRO=Ox1ACASEAT, Seq=60957 Time=6215
60 |57.937670 10.19464 | 12.160.180.161 RTP | 1=l ¢, 71 POWI, SSRO=0x 4CASEAT, Seq=60958 Time=5231
61 |57.957688 |10.194.6.4 | 12.160.180.161) RTP | PI=lTU G, 71 POWL, SSRC=0x 4CASEA1, Seq=60959 Tme=6247
62 57.977706 110.194.64 | 12.160.180.161) RTP | FI=IT G, 71 POMU, SSRC=ct4CASEA', Seq=60960 Time=6263
63 57.993185 12.160.180.161/ 10.194.6.4 | RTP | PI=ITU 6, 7¢ RO, SSRC=DcACBO03S2,Seq=27477 Time=1965

i

64 57.997685|10.194.6.4  12.160.180.161) RTP | pr=Ill ¢, 71 POML, SSRC=0¢14CASEAY, Seq=60361 Time=6279

... 0000 = Contributing source identifiers count: 0
| = Marker: Fa?se

Payload type: ITU-T G.711 PCMU (0)

Sequence number: 60950

LExtended sequence number: 60950]

imestamp: 61030

Synchronization Source identifier: Ox14caBe41(3488190009)

Payload: FIFOFIFIFIFIFIFIFIFIFIFIFIFIFIFIFI.....

0030 ee 66 14 ca 8e el 41
0040 :if¢
0050
006

0070
0080
0090
00a0
00b0
00c0

Payload (rtp.payload), 160 bytes  P: 1250 D: 1250 M: 0
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RG_PDD_offnet.cap - Wireshark

B

File Edit View Go Capture Analyze Statistics Help

MEEERIEEEINEE

~e T EE@aadrE 0x|6]

File: | [v] Expression.. Clear  Apply

NO. TIME SOURCE | DESTINATION |PROTOCOL| INFO

630 63.573669 12.160.180.161 10.194.6.4 RTP | PI=MU-T G, 7 M, SSRO=ORSCRO0SE, Se =27756 Time=136
ST 55T 00 010564 VL TR0 IB0BT TP PRI Tl SCEle AT, ST (B
632 63.593562 12,160.180.161 10.194.6.4 RTP | PI=IU-T 6, 74 PN, SSR(= 0x5€B003C2 Seq-27757 me=1968
633 63.597659 10.194.6.4  12.160.180.161 . RTP  PI=ITU-T G, 74 PO, SSRC=0ct ACABEA', Seq=61241 Time=107
634 63.613616|12.160.180.161 10.194.6.4 RTP | F=TIHT 6, 71 PO, SSRC=SCR003%, Seq 27758 Time=1%66
635 63.617637 10.194.6.4  12.160.180.161 | RTP | FI=lU-T 6, 71 POW, SSRC=0x14CABEAY, Seq=61241 Timg=10T7
636 | 63.633672 112.160.180.161 10.194.6.4 RTP | PI=lU-T 6, 71 POW, SSRC= 5B Seq=1779 Time=1966
637 |63.637672 10.194.6.4  12.160.180.161 | RTP | FI=IU-T 6, 71 POML, SSRC=OnIACABEA], Seq‘61243 Time=1079
638 | 63.653544 |12.160.180.161 10.194.6.4 RTP | PI=IU-T 6, 71 POY, SSRC= 0X5C500392 Seq=27760 Time=1966
639 | 63.657771 10.194.6.4 12160180161 | RTP | PT-T 1 PO, SRC=DulACAREH Seq=61244 Time=1080
640 . 63.673584 |12.160.180.161 10.194.6.4 RIP | FETUT G, 71 POHS, SSRG=DNSCBATSSE, Seq=27T6t Time=1966
641 63.677629 10.194.6.4  12.160.180.161 | RTP [PI=IU-T 6, 71 POMU, SSRU=Ox4CABEA, Seq=61245 Time=1082
642 | 63.693559 112.160.180.161|10.194.6.4 RTP | PI=I-T 6, 71 POWJ, SSRC= SCR0030, Seq=17761 Time=1966
643 | 63607786 110.194.6.4 (12160180161 | RTP  PI=TU- G 71 PO, SSRC=DACABEAI, Seq=124 Time=1083
644 | 63.713586 |12.160.180.161/10.194.6.4 RTP  [PI=I-T 6, 71 POW, SSRC= 0x50800392 Seq=27763 Time=1366
645 63.717764 10.194.6,4  12.160.180.161 | RTP |PI=U-T6, T1 PCMU,SSRCZOXMCA8E“, Seq=b1247 Time=108)
646 | 63.733672 12.160.180.161110.194.6.4 RTP PI=I-T 6, 71 POMJ, SSRC=Ox3CBO0392, Seq=27764 Time=1966
647 63.757800(10.194.6.4  [12.160.180.161  RTP | PI=U-T €, 71 POW, SSRU=Ox14CABEA1, Seq=61248 Time=1087
648 | 63.753543 12.160.180.161|10.194.6.4 RTP | PI=IU-T 6, 71 POWU, SSRC=Ox3CB0030L, Seq=27765 Time=1966
649 |63.757779110.194.6.4 12160180161 | RTP  PT=U-T 6, 71 POMJ, SSRO=Dx14CABEA1, Seq=61249 Time=1088
650 | 63.773574 12.160.180.161| 10.194.6.4 RTP | Pr=U-T G, 71 POWU, SSRC=Ox3CB003S2, Seq=27766 Time=1966

0.

.. 0000 = Contributin

= Marker: Fu?se

Paylood type ITU-T G.711 PCMU (0)
Sequence number: 61240

LExtended sequence number; 61240]
imestamp: 107430

Synchronization Source identifier: Ox14caBe4! (348819009)

source identifiers count: 0

Payload: 7E7E7E7E7E7E7E7E7E7E7E7E7E7E7E7E7E7E

0030
0040
0050
006

0070
0080
0090
00a0
00b0
00c0

03 06 ]4 co'Se["""

Payload (rtp payload), 160 bytes

P 12500 1250 M: 0
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FIG. 4C

RG_PDD_offnet.cap - Wireshark
File Edit View Go Capture Analyze Statistics Help
@ geoeox o]~ t[FRaxao/r® 6 xE

(B

. 0000 = Contributin
= Marker: Fo?

se

Payload type: ITU-T G.711 PCMU (0)
Sequence number: 27837
[[Extended sequence number: 93373]
imestamp: 1966519009

Synchronization Source identifier: 0x5cb00392 (1555039122)

File: [ V] Expression.. Clear  Apply

NO. | TIME SOURCE | DESTINATION 'PROTOCOL] INFO

791/65.137789 10.194.6.4 12160180161 RTP  FI=TU-T 6, 7 PO, SSRC=Dx CABEA!, Seqeb1318 Time=11%9
79265.153617 112.160.180.161 | 10.194.6.4 RTP | =TT 6, 71 A, SSRC=DNSCBANRR2, See27A35 Time= 1966
793|65.157826 10.194.6.4 | 12.160.180.161  RTP  PI=U-T 6, 1 P0W, SSRC=DxtACABEL!, Seqebi319 Te=1 200
794 65.173607 112.160.180.161 | 10.194.6.4 RTP | PEIHT . 71 Pl SSRC=DWSCRNNRY2, Seq=2783 Time=1966
795.65.177870 110.194,6,4 12160180161 RTP = 6. I PO, SSRC=DuT4CABEAT, Seq= ] hme-1202
OR A OSRAE TR R TR R e R T T R SR T ST T G
797065.107788 110.194.6.4 | 12.160.180.161  RTP | P~ 6, 71 PO, SRC=DKIACABELT, Seg 5151 Tl
798 65213619 12.160.180.161 | 10.194.6.4 RTP | T & 1 PO, SSRE=DASCBI00], Seq 2783 Time=1966
799/65.217825 10.194.6.4 | 12.160.180.161  RTP | PI=fIU-T 6, 74 P, SSRC=Dx14CABEA, Seq=61372 Time=1205
800 65.233591 12.160.180.161 | 10.194.6.4 RTP PTG 71 PO, SRC=DASCAOGRRZ, Sege27839 Time=1966
80165237802 10.194.64 | 12.160.180.161  RTP | PI=TU-T 6 71 PO, SSRC=Ds ACABEAT, Seq=b1323 Time=1207
802 65.253618 |12.160.180.161 | 10.194.6.4 RTP | FIMAT 6 71 A, SSRC=DXSCBANEA2, Seq=27B40 Time= 1966
803/65.257784 10.194.6.4 | 12.160.180.161  RTP | P1=MT G, 7 PCMU, SSRC=0x4CABEA', Seq=51324 Time=1208
804 65.273621 |12.160.180.161 | 10.194.6.4 RTP | FETIT € 7 ML SSRO=DASCHONAN2, Seq=27841 Time=1966
80565.277818 10.194.6.4 | 12.160.180.161  RTP =T ¢ 71 PO, SSRG=DT4CABEAT, Seq=61325 Time=1210
806/65.293601 112.160.180.161| 10.194.6.4 RTP FI=-T 6. 71 PO, SSRC=DASCHION02, Seq=27B47 Time=1966
807 65.297797 |10.194.6.4 | 12.160,180.161  RTP  PI=U-T 6, 71 PCul, SSRC=Ox ACABEA, Seq=51326 Tme=1211
808 65.313638 |12.160.180.161 | 10.194.6.4  RTP (PTG, 7 ML, SSRC=DASCHINAN2 Seq=L7B43 Time=1966
809!65.317835 10.194.6.4 | 12.160.180.161  RTP |P=M-T &, 71 POMI, SSRO=Dx ACABEAT, Seq=b13)7 Time=1213
8101 65.333609 |12.160.180.161 | 10.194.6.4 RTP |PI=TU-T 6, 71 PO, SSRO=DASCBO038E, Seq=27B4Tme=1986
811/65.337808 (10.194.6.4 | 12.160.180.161  RTP  |PI=MU-T 6, 71 PCWU, SSRC=Oxt4CABEA!, Seq61328 Time=1115

source identifiers count: 0

Payload: FOf7 14 12 f2 11 f1 {1 {0 f1 fS f6 fA FE 7A75716F6E6E6E6F7274

0030
0040
0050
006

0070
0080
0090
00a0
00b0
00c0

6c bd 75 36 b2 el 5¢ b0 0

Payload (rtp payload), 160 bytes  P:

1250 D:

1250 M: 0
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METHOD FOR MEASURING PROCESSING
DELAYS OF VOICE-OVER IP DEVICES

PRIORITY CLAIM AND INCORPORATION BY
REFERENCE

This application is a Continuation application of U.S.
patent application Ser. No. 13/959,366 filed on Aug. 5, 2013
entitled “Method for Measuring Processing Delays of Voice-
Over IP Devices”, which is a Continuation application of
U.S. patent application Ser. No. 12/329,172 filed on Dec. 5,
2008 entitled “Method for Measuring Processing Delays of
Voice-Over IP Devices”, now U.S. Pat. No. 8,503,311. The
entire disclosure of these prior applications are considered as
being part of the disclosure of the accompanying application
and hereby expressly incorporated by reference herein.

BACKGROUND

Voice-over Internet Protocol (VoIP) is a protocol opti-
mized for the transmission of voice through the Internet or
other packet-switched networks. VoIP allows users to use
regular telephone networks anywhere through any Internet
service provider. VoIP systems carry telephony signals as
digital audio encapsulated in a data-packet stream over IP by
converting analog audio signals to digital data that can be
transmitted over the Internet. VoIP devices (e.g., terminal
adapters, SIP phones, Media Gateways) are able to convert
analog signals to digital signals encapsulated in the packets
to be transmitted over the Internet.

VoIP may experience some time delays as a result of
physical distance, the number of router hops, encryption and
voice/data conversion. A typical packet will be forwarded
over many links via many gateways, each of which will not
begin to forward the packet until it has been completely
received. Processing delays are incurred while a gateway
determines what to do with a newly received packet. Small
delays are generally not noticeable by users, but larger
delays may result in a degradation of voice quality. Thus, it
is desirable to measure processing delays associated with
VoIP devices to determine whether processing delays added
by VoIP devices are acceptable.

However, current measuring techniques use different tools
to measure VoIP performance in the analog and IP domains,
which makes it difficult to determine the time it takes for a
VoIP device to convert an analog event into an IP event and
vice versa. Thus, a method for accurately determining pro-
cessing delays added by VoIP devices to end-to-end trans-
mission delays and post-dialing delays may be beneficial to
determine whether they are degrading the end-to-end per-
formance of VoIP calls. Any company providing VoIP ser-
vices or developing VoIP products may use the technique to
assess the company’s equipment performance.

SUMMARY

A method for recording analog signals exchanged
between a telephone device and a VoIP device, capturing
packets exchanged between the VoIP device and an IP
network, determining analog time values corresponding to
analog characteristics of the analog signals, determining
digital time values corresponding to digital characteristics of
the packets, determining a common reference time for the
analog time values and digital time values and determining
a processing delay based on the analog time values and the
digital time values.
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A system measuring a processing delay of a VoIP device
having a recording device recording analog signals
exchanged between a telephone device and the VoIP device,
a packet trace device capturing packets transmitted between
the VoIP device and an IP network and a processor deter-
mining analog time values corresponding to analog charac-
teristics of the analog signals, determining digital time
values corresponding to digital characteristics of the pack-
ets, determining a common reference time for the analog
time values and digital time values and determining a
processing delay based on the analog time values and the
digital time values.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 shows a system for measuring processing delays of
VoIP devices according to an exemplary embodiment of the
present invention.

FIG. 2 shows a method for measuring processing delays
of VoIP devices according to an exemplary embodiment of
the present invention.

FIG. 3 shows a screen view of an exemplary analog
recording according to an exemplary system and method of
the present invention.

FIG. 4A shows a first screen view of an exemplary packet
trace according to an exemplary system and method of the
present invention.

FIG. 4B shows a second screen view of the exemplary
packet trace of FIG. 4A.

FIG. 4C shows a third screen view of the exemplary
packet trace of FIG. 4A.

DETAILED DESCRIPTION

The exemplary embodiments may be further understood
with reference to the following description and the appended
drawings, wherein like elements are referred to with the
same reference numerals. The exemplary embodiments
relate to a system and method for measuring processing
delays associated with VoIP devices. It should be noted that
although exemplary embodiments of the present invention
show and/or describe measuring the processing delay of a
terminal adapter, the system and method of the present
invention may be used to measure processing delays of any
VoIP device such as, for example, SIP phones, Media
Gateways, etc.

As shown in FIG. 1, a system 100 according to an
exemplary embodiment of the present invention comprises a
recording device 104 and a packet trace tool 108. The
recording device 104 is connectable between a telephone
network device 110 and a VoIP device 112 via a telephone
tap 102 such that the recording device 104 may record an
analog signal that is transmitted between the telephone
network device 110 and the VoIP device 112. The packet
trace tool 108 is connectable between the VoIP device 112
and an IP Network 114 via a hub 106 such that the packet
trace tool 108 may take a packet capture of packets trans-
mitted between the VoIP device 112 and the IP Network 114.
In the example shown, the telephone network device 110 is
a standard telephone while the VoIP device 112 is a terminal
adapter. It will be understood by those of skill in the art,
however, that any telephone network device 110 and VoIP
devices 112 may be used in the present invention. For
example, the telephone network device 110 may also be a
network switch, a PBX or other similar device. The VoIP
device 112 may also be a SIP phone, a Media Gateway or
other similar device.
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The recording device 104 may be a personal computer,
server or other processing arrangement loaded with an audio
recording software such as Cool Edit. Once initiated, the
recording device 104 records the analog signal transmitted
between the telephone network device 110 and the VoIP
device 112. The recording device 104 may record the analog
signal as a digital soundwave. The recording device 104 is
able to access the signal to/from the telephone network
device 110 via the telephone tap 102, which monitors the
connection between the telephone network device 110 and
the VoIP device 112. It will be understood by those of skill
in the art that the recording device 104 may include a
memory, a display and/or an audio playback device such that
the recordings of the analog signal may be stored and/or
displayed or played back by a user.

The packet trace tool 108 may be a personal computer, a
server or other processing arrangement that is loaded with a
packet analyzer such as Wireshark. The packet trace tool 108
allows a user to see all traffic being passed to/from the IP
network 114 such that packets being transmitted therebe-
tween may be recorded in a packet capture. As data streams
flow across the network 114, the packet trace tool 108
captures each packet and eventually decodes and analyzes
its contents. The packet trace tool 108 is able to access the
packets passing between the VoIP device 112 and the IP
Network 114 via the hub 106, which permits connection of
the packet trace tool 108 to both the VoIP device 112 and the
IP network 114.

Although the recording device 104 and the packet trace
tool 108 are shown as two separate devices, it will under-
stood by those of skill in the art that the recording device 104
and the packet trace tool 108 may be a single device. For
example, the recording device 104 and the packet trace tool
108 may be a single personal computer, server or other
processing arrangement loaded with both the audio record-
ing software and the packet analysis tool. It will also be
understood by those of skill in the art that the recorded
analog signals and the recorded packet capture may be
transmitted to a processor (not shown) for determining time
values that may be used to calculate a processing delay. The
processor may be a separate personal computer, server or
other processing arrangement connected to both the record-
ing device 104 and the processing tool 108 such that the
recorded analog signal and the recorded packet capture may
be analyzed. Alternatively, the processor may be a compo-
nent of one of the recording device 104 and/or the packet
trace tool 108.

FIG. 2 shows an exemplary method 200 according to the
present invention, using the system 100, as described above.
The method 200 comprises a first step 210 in which the
recording device 104 and the packet capture tool 108 are
initiated. Upon initiation, the recording device 104 will
record all analog signals transmitted between the telephone
network device 110 and the VoIP device 112 in an analog
recording and the packet trace tool 108 will capture all the
data transmitted between the VoIP device 112 and the IP
Network 114 in a packet capture. Once the recording device
104 and the packet capture tool 108 have been initiated, a
telephone call may be initiated by a first user via the
telephone network device 110 (e.g., a telephone) in a step
220. The telephone call is initiated by dialing digits on the
telephone network device 110. These dialed digits may be
converted to digital packets that are sent via a signaling
protocol such as Session Initiation Protocol (SIP). A SIP
Invite is sent to a second user, via the IP Network 114, at the
telephone number being dialed to invite the second user to
establish a voice session. The SIP Invite is transmitted across

15
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the network and causes a ringing signal to be sent to the
second user. Once ringing begins at a telephone network
device of the second user, a digital packet of the ringing
signal is transmitted back to the VoIP device 112 to be
transmitted to the telephone network device 110 so that the
first user may also hear a ringing signal, which would
indicate that the call has been connected.

When ringing is heard by the second user, the second user
may accept the first user’s invitation for a voice session, in
a step 230. The invitation may be accepted by answering the
phone call upon hearing the phone ringing. Once the voice
session has been established, a speech signal may be sent
from the telephone network device 110 to the VoIP device
112, in a step 240. The speech signal may be a tone, speech
or any other analog signal sent by the first user via the
telephone network device 110. The VoIP device 112 then
converts the analog speech signal to a packet that may be
transmitted using a format such as Real-time Transfer Pro-
tocol (RTP). The speech signal may eventually be used to
relate times that are recorded by the recording device 104
and the packet trace tool 108. Once the speech signal has
been transmitted, the recording device 104 and the packet
trace tool 108 may be stopped, in a step 250.

It will be understood by those of skill in the art that the
analog recording of the recording device 104 and the packet
capture of the packet tracing tool 108 may be saved to a
memory of each of the devices 104, 108 and/or displayed on
a display of each of the devices 104, 108. Alternatively, the
analog recoding and/or the packet capture may be stored
and/or displayed on a separate memory and/or display.

In a step 260, the analog recordings of the recording
device 104 are evaluated to identify a first time T, a second
time T, and a third time T; and the packet trace is evaluated
to determined a first time S, a second time S, and a third
time S;. The times T,, T, and T; may be referred to herein
as “analog time values” to indicate the times have been
derived from the analog signal. Those skilled in the art will
understand that other time values may also be derived from
the analog signal and these would also be referred to as
analog time values. Similarly, S,, S, and S, may be referred
to as “digital time values” to indicate the times have been
derived from the packet trace. For the analog recordings, the
first time T, corresponds to a time in which a final Dual Tone
Multi-Frequency (DTMF) digit ended, in other words, when
the last digit of the telephone number that is being dialed has
been entered. The second time T, corresponds to a time
when the ringing signal starts. The third time T, corresponds
to a time when the transmitted signal starts. For the packet
trace, the first time S, corresponds to a time that the SIP
Invite was sent. The second time S, corresponds to a time
when the ringing signal starts. The RTP packets transmitted
from the IP Network 114 to the VoIP device 112 may be
evaluated to find when the ringing signal starts. The third
time S; corresponds to the time when the transmitted signal
starts. The RTP packets transmitted from the VoIP device
112 to the IP Network 114 may be evaluated to find when the
speech signal starts.

In a step 270, the time values identified in the step 260
may then be used to determine a processing time of the VoIP
device 112 to create the SIP Invite packet, Dg,,, and a
processing time that it takes the VoIP device 112 to convert
an RTP packet to an analog signal that is transmitted to the
telephone network device 110 in the step 240, Dy oz~ The
processing delays Dg;, and D5z, may be determined by
relating the time values T, T,, T; of the analog recording to
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the time values S,, S,, S; of the packet capture. The analog
recording and the packet trace may be related using the
following equations:

T+Dgp=S+A (€8]

T5=5+DrrpreitA ()]

T3+Drrpxarr=Ss+A

3

Where, A is a difference between when the analog recording
and packet captures were started, D, is the processing time
used by the VoIP device 112 to create the SIP Invite packet,
Dy rpxasr 18 @ processing time it takes the VoIP device 112 to
convert the speech signal received from the phone into the
RTP packet and Dz prcp- 18 the processing time the VoIP
device 112 takes to convert the RTP packet into the analog
signal that is transmitted.

Using the values of T, T,, T;, S;, S, and S; that are
identified by evaluating the analog recording and the packet
capture in the equations disclosed above, processing delays
of the VoIP device 112 are calculated in the step 270.
Specifically, it is possible to calculate Dy prcp the time it
takes the VoIP device 112 to convert an RTP packet into the
analog signal, and D, the time it takes the VoIP device 112
to create the SIP Invite packet. The value of Dy pya,r may
be easily determined within a few ms. For example, if the
VoIP device 112 of the system 100 is a terminal adapter that
is using 20 ms RTP packets and a G.711 codec, Dy rpxasr
may be estimated to be approximately 21 ms. Additionally,
A may be easily eliminated by taking a difference between
the first equation and the third equation and a difference
between the second equation and the third equation, since
the value of Dgypya,m 0f the third equation, is known.

The difference of the first equation and the third equation
would result in an equation that would determine a value of
Dg;p as follows:

Digrp=(T3-T1)-(S5-5,)+21 ms.

The difference of the second equation and the third equation
would result in an equation that would determine a value of
Dgrprcr as follows:

Drrprer=(53-52)—-(13-15)-21 ms.

Thus, using these equations, the time it takes the VoIP device
112 to convert an RTP packet into the analog signal,
Dgrprcvs and the time it takes the VoIP device 112 to create
the SIP Invite packet, D;», may be determined accordingly.

For example, FIG. 3 shows a screenshot of an exemplary
analog recording according to the present invention. In the
example shown, the last DTMF digit was dialed at approxi-
mately 6 seconds, the ringing signal starts at approximately
13 seconds and the transmitted signal starts at approximately
14.4 seconds. Since the equations above are measures in
milliseconds, the values of T,=6000 ms, T,=13000 ms and
T;=14200 ms may be used in the above equations.

FIGS. 4A-4C show a series of screenshots of an exem-
plary packet capture using Wireshark. As shown in FIG. 4A,
packet no. 44, a SIP Invite is sent from the telephone
network device 110 to the VoIP device 112 at approximately
56.8 seconds. Thus, S;=56800 ms. The values of S, and S;
may be determined by evaluating the payloads of the trans-
mitted and received RTP packets in the capture. When no
signal is being transmitted, the payload shows a repetitive
sequence of hexadecimal values, which indicates that the
channel is idle or that there is a low level noise present in the
channel. As shown in FIG. 4B, the payload begins to
transition from a repeating pattern to a varying pattern,
indicating that a signal is being transmitted. Based on this
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assessment of the payload, it can be determined that packet
no. 631 shows the first RTP packet of the ringing signal that
is sent from the VoIP device 112 to the telephone network
device 110 at approximately 63.6 seconds. Evaluating the
payload of FIG. 4C in a similar manner, it may be deter-
mined that packet no. 796 shows the RTP packet being
transmitted from the telephone network device 110 to the
VoIP device 112 at approximately 65.2 seconds. Thus, the
values of S,=63600 ms and S;=65200 ms may be used in the
equations above. Alternatively, it will be understood by
those of skill in the art that the values of S, and S; may be
determined by converting the RTP packets’ payloads to an
audio file and using a recording device such as Cooledit to
determine when audio begins in each direction.

Using the exemplary time values of FIGS. 3 and 4A-4C
we may calculate D, and Dy 7p4 - as follows:

Digp=(T3-T1)-(S5-51)+21 ms

Dg;p=(14400 ms—6000 ms)-(65200 ms—56800 ms)+
21 ms

Dg;»=8400 ms—-8400 ms+21 ms
Dg;p=21 ms
Drrprer—(83-52)-(I3-15)-21 ms

Drrppey=(65200 ms—-63600 ms)-(14400 ms—-13000
ms)-21 ms

Dy rprep=1600 ms-1400 ms-21 ms

Drrprey=179 ms

Thus, based on the exemplary values determined by evalu-
ating the packet capture and the analog recording, the values
of Dy, the processing time used by the VoIP device 112 to
create the SIP Invite, and the Dy » 1,7 the processing time
it takes to convert the signal received from the telephone
network device 110 to the RTP packet, may be determined.
It should be noted, however, that the above values are
exemplary values only.

As can be seen from the above examples, the exemplary
embodiments allow for the use of separate capture devices
in the analog domain (e.g., the analog recording device) and
the IP domain (e.g., the packet capture device) to take
advantage of the functionality of these devices. However,
the exemplary embodiments call for a common reference
time for a signal that is measured by both devices to create
a relationship in the domain between the measurements of
both devices, thereby allowing overall processing times to
be related and determined.

It will be apparent to those skilled in the art that various
modifications and variations may be made in the structure
and methodology of the present invention, without departing
from the spirit or scope of the invention. Thus, it is intended
that the present invention cover the modifications and varia-
tions of this invention provided that they come within the
scope of the appended claims and their equivalents.

What is claimed is:

1. A method, comprising:

determining analog time values corresponding to analog
characteristics of analog signals;

determining digital time values corresponding to digital
characteristics of packets, wherein the digital charac-
teristics include a Session Initiation Protocol (“SIP”)
invite packet; and
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determining a processing delay based on a difference
between an analog time difference and a digital time
difference.

2. The method of claim 1, wherein the analog time
difference is determined based on T,-T,, wherein T, is a
first analog time value of a first analog characteristic corre-
sponding to when a final digit is dialed from a telephone
device and T, is a second analog time value of a second
analog characteristic corresponding to when the telephone
device starts transmitting a first speech signal.

3. The method of claim 2, wherein the digital time
difference is determined based on S;-S,, wherein S, is a first
digital time value of a first digital characteristic correspond-
ing to when the SIP invite packet was sent by a Voice-over
Internet Protocol (“VoIP”) device and S; is a second digital
time value of a second digital characteristic corresponding to
when the VoIP device starts transmitting a second speech
signal.

4. The method of claim 3, wherein T, is determined by the
formula:

T,=S,+A-Dg,;p, wherein;

Dg;» is the processing time used by the VoIP device to
create the SIP Invite Packet; and
A is a difference between;

a start of a recording of the analog signals exchanged
between the telephone device and the VoIP device;
and

a capturing of packets exchanged between the VoIP
device and an Internet Protocol (“IP”) network.

5. The method of claim 4, wherein T, is determined by the
formula:

Ty=S+A+Dgrprers

wherein T, corresponds to the analog characteristic of a
start of a ringing, S, corresponds to the digital charac-
teristic of a start of a ringing, and Dy prcop 15 @
processing time the VoIP device takes to convert a
Real-Time Transfer Protocol packet into the analog
signal being transmitted.

6. The method of claim 4, wherein T; is determined by the

formula:

T3=S3+A-Drrpxarr

wherein Dy pya,7 1S @ processing time it takes the VoIP
device to convert the first speech signal received from
the telephone device into the Real-Time Transfer Pro-
tocol packet.

7. The method of claim 6, wherein Dy pya 7 1S approxi-
mately 21 ms.

8. The method of claim 3, wherein the VoIP device is a
terminal adapter.

9. The method of claim 1, wherein the analog character-
istics include one of a final Dual Tone Multi-Frequency digit
of a dialed telephone number, a start of a ringing and a start
of a transmitted signal.

10. The method of claim 1, wherein the digital charac-
teristics further include a start of a ringing and a start of a
transmitted signal.

11. The method of claim 1, wherein the processing delay
is determined by adding a processing time of the VoIP device
to convert an analog signal into a digital signal to the
difference between the analog time difference and the digital
time difference.
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12. A device, comprising:

a memory that stores a set of instructions; and

a processor that executes the set of instructions to cause

the processor to perform operations comprising:

determining analog time values corresponding to ana-
log characteristics of analog signals,

determining digital time values corresponding to digital
characteristics of packets, wherein the digital char-
acteristics include a Session Initiation Protocol
(“SIP”) invite packet, and

determining a processing delay based on a difference
between an analog time difference and a digital time
difference.

13. The device of claim 12, wherein the analog time
difference is determined based on T;-T,, wherein T, is a
first analog time value of a first analog characteristic corre-
sponding to when a final digit is dialed from a telephone
device and T; is a second analog time value of a second
analog characteristic corresponding to when the telephone
device starts transmitting a first speech signal.

14. The device of claim 13, wherein the digital time
difference is determined based on S;-S,, wherein S, is a first
digital time value of a first digital characteristic correspond-
ing to when the SIP invite packet was transmitted by a
Voice-over Internet Protocol (“VoIP”) device and S; is a
second digital time value of a second digital characteristic
corresponding to when the VoIP device starts transmitting a
second speech signal.

15. The device of claim 14, wherein T, is determined by
the formula:

T,=S+A-Dg,;p, wherein;

Dyg;p is the processing time used by the VoIP device to
create the SIP Invite Packet; and
A is a difference between;
a recording of the analog signals exchanged between
the telephone device and the VoIP device; and
a capturing of packets exchanged between the VoIP
device and an Internet Protocol (“IP”) network.
16. The device of claim 15, wherein T, is determined by
the formula:

Ty=Sy+A+Dgrprers

wherein T, corresponds to the analog characteristic of a
start of a ringing, S, corresponds to the digital charac-
teristic of a start of a ringing, and Dysprcp 15 a
processing time the VoIP device takes to convert a
Real-Time Transfer Protocol packet into the analog
signal being transmitted.

17. The device of claim 15, wherein T; is determined by

the formula:

T3=S3+A-Drrpxars

wherein Dy pyn,r @ processing time it takes the VoIP
device to convert the speech signal received from the
phone into the Real-Time Transfer Protocol packet.

18. The device of claim 12, wherein;

the analog characteristics include one of a final Dual Tone

Multi-Frequency digit of a dialed telephone number, a
start of a ringing and a start of a transmitted signal, and

the digital characteristics further include a start of a

ringing and a start of a transmitted signal.

19. A non-transitory computer-readable storage medium
including a set of instructions executable by a processor, the
set of instructions, when executed by the processor, causing
the processor to perform operations comprising:

determining analog time values corresponding to analog

characteristics of analog signals;
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determining digital time values corresponding to digital
characteristics of packets, wherein the digital charac-
teristics include a Session Initiation Protocol (“SIP”)
invite; and

determining a processing time of the VoIP terminal

adapter to create a SIP invite packet based on a differ-
ence between an analog time difference and a digital
time difference.

20. The non-transitory computer-readable storage
medium of claim 19, wherein the analog time difference is
determined based on T;-T,, wherein T, is a first analog time
value of a first analog characteristic corresponding to when
a final digit is dialed from the telephone device and Tj; is a
second analog time value of a second analog characteristic
corresponding to when a speech signal starts, and wherein
the digital time difference is determined based on S;-S,,
wherein S, is a first digital time value of a first digital
characteristic corresponding to when the SIP invite packet
was sent and S; is a second digital time value of a second
digital characteristic corresponding to when the speech
signal starts.
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